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2
generally will not fall within the specifications set forth by

METHOD AND APPARATUS FOR CHANNEL

most communication Standards.

EQUALIZATION

AS a result, there is a need for a method and apparatus
capable of overcoming the data rate limiting effects of a

FIELD OF THE INVENTION

channel.

The invention relates to communication Systems and in
particular to a method and apparatus for channel equaliza

SUMMARY

The method and apparatus described herein overcomes
the drawbacks of the prior art by providing a method and
apparatus for Signal processing to compensate for the effects
of Signal transmission through a channel. In one embodi
ment a transmitter is configured to communicate with a

tion.
RELATED ART

Demand for high rate data transmission continues to
increase in response to new Service offerings and expanded
communication network usage, Such as for home and busi
neSS tasks. For example, audio and Video content is gener
ally bandwidth intensive. In addition, many tasks are now
commonly handled via a computer network, Such as over the
Internet, including ordering busineSS Supplies, exchanging
documents, or information gathering. Moreover, bandwidth
demand placed upon a companies local area network is
increasing. Often networks are being burdened with more
users and larger and more complex Software applications.
These applications are bandwidth intensive and the complex
Software applications create larger files. Although many
networks are currently at bandwidth capacity additional
demands are continually being placed on these networks.
While there are numerous proposed solutions to alleviate
network congestion by increasing network Speeds, many of
these proposed Solutions involve adoption of a different

receiver via one or more communication channels. The
15

25

and a second filter to determine first filter coefficients and
Second filter coefficients such that the first filter and the
Second filter have a transfer function inverse to that of a

communication Standard or a different communication
medium. While different communication standards

(SONET, ATM) and different communication mediums
(fiber optic cable, coaxial cable) may make it possible to
increase data rates, the cost associated with migration is
extremely prohibitive. For example, installation of an optical
based network, i.e., 10G Ethernet on fiber or a SONET

compatible network, to each computer in a local area net
work would require Significant Software and hardware
upgrades on each end user's platform. The cost associated
with cable installation as well as the retraining of Service
perSonnel alone is tremendous.
Another proposed Solution is to increase the transmission
rate of existing networks. One widely deployed network
standard is the version of Ethernet that utilizes twisted pairs
of copper wire as its transmission medium. Although widely
deployed and inexpensive to manufacture, twisted pair cop
per is bandwidth limited. As a result, data Signals transmitted
at very high rates in the gigabit per Second range over the
twisted pair copper, or other medium, are Subject to signifi
cant levels of distortion. Upon reception, recovering the
transmitted Signal may be impossible due to this distortion.
While it is possible to perform Signal processing on the
distorted Signal, or even perform processing on the Signal
prior to transmission to counter the effects of the distortion,
Such prior art attempts have been insufficient to achieve very
high data transmission rates with acceptable error rates.
For example, certain prior art Solutions propose utilizing

35

channel, wherein during the training at least one Second filter
coefficient is forced to a predetermined value. Thereafter,
processing the first filter coefficients to isolate minimum
phase coefficients and maximum phase coefficients and then
transmitting the minimum phase coefficients to a third filter.
Next, establishing coefficients of the third filter based on the
minimum phase coefficients and Setting the first filter coef
ficients based on the maximum phase coefficients.
In one embodiment, the first filter and the Second filter are
located in a receiver and the third filter is located in a

40
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transmitter. The first filter may comprise a feedforward filter,
the Second filter may comprise a feedback filter, and the third
filter may comprise a precode filter. It is contemplated that
the Step of transmitting may comprise transmitting the
minimum phase coefficients over one or more twisted pair
conductors to a precode filter in a transmitter. The proceSS
ing may comprise performing spectral factorization and
forming a polynomial to obtain the minimum phase coeffi
cients and the maximum phase coefficients.
A method for equalizing a signal is also disclosed that
compriseS receiving a signal transmitted through a commu
nication channel and performing a first equalization process
on the Signal utilizing a first equalizer having maximum
phase coefficient values. Thereafter, performing a Second
equalization proceSS on the Signal utilizing a Second equal
izer having Second equalizer coefficient values wherein the
first equalization process and the Second equalization pro
ceSS reduce the distorting effects of transmission through the
channel.

a decision feedback equalizer (DFE) at the receiver. The

DFE may operate in conjunction with a slicer, to determine
a voltage level of the Signal at a particular Sampling time.
The slicer output is fed back to the DFE as a feedback signal
to aid in Subsequent decisions. While the DFE with slicer
feedback is capable of decreasing the error rate under certain
conditions, it Suffers from catastrophic failure when pre
sented with a string of slicer errors as feedback to the DFE.
Catastrophic failure is even more likely when error correc
tion is adopted. This is not an acceptable Solution and

receiver may be configured with a feed forward filter and a
feedback filter while the transmitter is configured with a
precode filter. Filter operation is controlled by coefficient
values. Based on the coefficient calculation process
described herein a method and apparatus for filtering is
disclosed that overcomes the drawbacks of the prior art. In
an example environment of a communication System, the
method and apparatus for filtering described herein is uti
lized for equalization to compensate for the effects of
interSymbol interference.
In one embodiment of the invention, a method is provided
for filter coefficient Selection in a receiver-transmitter pair
comprising the following Steps. First, training a first filter

60

65

In one embodiment the first equalizer comprises a feed
forward equalizer. Further, at least one of the Second equal
izer coefficient values may be set to a fixed value during a
training Stage. The method may further comprise preceding
the Signal prior to transmission using a precode filter that has
coefficients that are based on minimum phase coefficients
generated by a training process of the Second filter.
In yet another embodiment of performing equalization the
first equalizer comprises a feedforward equalizer, the Second

US 6.961373 B2
4
code logic configured to perform the following actions:
initiate a training Sequence, train coefficients of a feedfor
ward filter as a mixed phase filter, train coefficients of a

3
equalizer comprises a feedback equalizer, and at least one of
the first five Second equalizer coefficient values are set to
Zero. Moreover, performing a Second equalization proceSS
may further include providing a feedback signal to a deci

feedback filter, wherein at least one of the coefficients of the

feedback filter is Set to Zero, process the coefficients of the
feedforward filter to calculate minimum phase coefficients
and maximum phase coefficients, establish the feedforward
coefficients based on the maximum phase coefficients, and
establish precoder coefficients based on the minimum phase

Sion device.

The invention may also be embodied as a system for
channel equalization. One Such embodiment comprises a
first filter configured to utilize one or more first filter
coefficients. The first filter may comprise a maximum phase

coefficients.

filter. The System also includes 1) a Second filter having two
or more Second filter coefficients wherein at least one of the

two or more Second filter coefficients are forced to a pre

determined value and 2) a precode filter having one or more

precode filter coefficients Such that the precode filter com
prises a minimum phase filter. The first filter and the Second
filter may be located in a receiver and the precode filter may

15

be located in a transmitter.

In one embodiment the predetermined value comprises
Zero. The System may further include a processor configured

cation receiver or a transmitter.

to calculate the first filter coefficients, second filter coeffi

cients and the precode filter coefficients. It is contemplated
that the first filter may comprise a feed forward filter and the
second filter may comprise a feedback filter. The first filter
coefficient values, Second filter coefficient values, and pre
code filter coefficient values may be determined during a
training process and one aspect of the training process may
comprise spectral factorization.
In yet another embodiment a System is disclosed for
eXchanging data between a first location and a Second
location wherein the System comprises a first transceiver
comprising a data Source interface configured to receive data
from a data Source, a precode filter configured to equalize
the data to at least partially account for transmission through
a channel, a digital to analog converter configured to convert
the data to a first analog signal, a line driver configured to
adjust the power of the first analog signal for transmission
over a channel, and a receiver configured to receive data

25

the data into two or more distinct values, and a transmitter

configured to transmit precode filter coefficient data to the
precode filter in the first transceiver.
In one variation to this embodiment, the precode filter is
configured as a minimum phase filter and the first filter is
configured as a maximum phase filter. In another variation
the Second filter comprises a feedback filter having greater

BRIEF DESCRIPTION OF THE DRAWINGS

WCWS.

35

40

45

response.

FIG. 3 illustrates an exemplary block diagram of an
example embodiment of a transmitter.
FIG. 4 illustrates a block diagram of an example embodi
ment of a precode filter embodied as a finite impulse
response filter.
FIG. 5 illustrates a block diagram of an example embodi
ment of a receiver.

50
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FIG. 6A illustrates an exemplary plot of a received signal
pulse.
FIG. 6B illustrates an exemplary plot of a received signal
containing interSymbol interference components.
FIG. 7 illustrates an operational flow diagram of an
example method of operation.
DETAILED DESCRIPTION

FIG. 1A illustrates an example embodiment of a trans
mitter and a receiver. As shown, a transmitter 100 includes
60

filter, the first filter, and the second filter.

In another embodiment the method and apparatus dis
closed is embodied as a computer program product com
prising a computer uSeable medium having computer pro
gram logic recorded thereon for calculating equalizer
coefficients. This embodiment comprises computer program

FIG. 1A illustrates a block diagram of an exemplary
receiver and transmitter.

FIG. 1B illustrates a block diagram of an exemplary
receiver-transmitter pair.
FIG. 2 illustrates an exemplary channel frequency

than N coefficients and the first N coefficients are set to zero

Such that N comprises an integer value having magnitude of
less than 20. The Second transceiver may further comprise a
processor configured to calculate coefficients for the precode

Other Systems, methods, features and advantages of the
invention will be or will become apparent to one with skill
in the art upon examination of the following figures and
detailed description. It is intended that all Such additional
Systems, methods, features and advantages be included
within this description, be within the Scope of the invention,
and be protected by the accompanying claims.
The components in the figures are not necessarily to Scale,
emphasis instead being placed upon illustrating the prin
ciples of the invention. In the figures, like reference numer
als designate corresponding parts throughout the different

from a Second transceiver.

This System may also include a Second transceiver with an
amplifier configured to receive a Second analog Signal from
the channel Such that the Second analog signal comprises a
distorted version of the first analog signal. The System may
also include the following aspects: an analog to digital
converter configured to convert the Second analog signal to
data, a first filter configured to process the data to at least
partially reverse the effects of transmission through the
channel, a Second filter configured to process the data to at
least partially reverse the effects of transmission through the
channel, a decision device configured to quantize portions of

Also contemplated is that the computer program code
logic configured to process the coefficients may comprise
computer program code logic configured to perform spectral
factorization. Furthermore, the process of establishing pre
coder coefficients based on the minimum phase coefficients
may comprise forming a polynomial from the maximum
phase feedforward coefficients. It is contemplated that the
computer program product may be located in a communi

65

a transmitter input 104 and a transmitter output 108. The
output 108 of the transmitter 100 connects to a channel 112.
The channel 112 connects to an input 116 of a receiver 120.
The receiver 120 includes a receiver output 124. The
receiver output 124 may connect to a computing device,
terminal, Switch, router, network processing device, or any
device configured to receive data over the channel 112.
The transmitter 100 may comprise any device configured
to transmit data from a first location to a Second location.

US 6.961373 B2
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S
Likewise, the receiver 120 may comprise any device con
figured to receive data transmitted from the first location to
the second location. It is contemplated that a transmitter 100
and receiver 120 may be located at both ends of the channel
112 to enable transmission in both directions. In one
embodiment the transmitter 100 and receiver 120 are located

in a network interface card in a network terminal, Such as a

computer configured as part of a local area network.
The channel 112 may comprise any type communication
medium capable of transporting data between a first location
and a Second location. In one embodiment the channel 112

comprises twisted pair copper wire, Such as is compatible
with data transmission with certain existing Ethernet com
munication protocols. Any type channel 112 may be utilized
with the method and apparatus described herein including
but not limited to fiber optic, coaxial, non-twisted metallic

15

thereby allowing greater transmission rates through chan
nels that cause intersymbol interference. While the method
and apparatus described herein is capable of operation in
numerous different environments and overcoming the Signal
distorting effects of any type channel, it is particularly well
Suited to overcome the effects of transmission through
twisted pair copper because transmission through twisted
pair copper experiences Severe interSymbol interference.
In reference to FIG. 3, an exemplary block diagram of an
example embodiment of a transmitter is shown. This is but
one exemplary embodiment of a transmitter. It is contem
plated that other configurations may be embodied by one of
ordinary skill in the art. In the exemplary configuration of
FIG.3, a data source 300 connects to a mapping module 304,
which in turn connects to a precode filter 308.
The data source 300 may comprise any source of data to

conductors, or a wireleSS medium.

be transmitted over a channel. In one embodiment the data

In reference to FIG. 1B, a block diagram of a receiver/
transmitter pair is shown. A channel 112 connects a first

Source 300 comprises a processing or networking layer of a
communication protocol. In one embodiment the data Source
300 comprises a network processing device. In one embodi
ment the data arrives from application Software executing on

transceiver 130 to a second transceiver 134. The first trans
ceiver 130 connects to the channel 112 via an interface 144.

The interface 144 is configured to isolate the incoming from
outgoing Signals. In another embodiment the channel 112
may comprise numerous conductors and hence the interface
144 performs isolation and Separates the conductors based

a computer.
25

on direction of data flow and based on connection to either
of a receiver module 138 or a transmitter module 142. The

receive module 138 and transmit module 142 may comprise
any assembly of hardware, Software, or both configured to
operate in accordance with the principles described herein.

(PAM) wherein the several bits of binary data are mapped
into a single Symbol. Another example of mapping com
prises quadrature amplitude modulation (QAM). Through
mapping, transmission of a single symbol achieves trans

The receive module 138 and transmit module 142 com

municate with a processor 146. The processor 146 may
include or communicate with, memory 150. The memory
150 may comprise one or more of the following types of
memory: RAM, ROM, hard disk drive, flash memory, or
EPROM. The processor 146 may be configured to perform
one or more calculations or Signal analysis. In one embodi
ment the processor 146 is configured to execute machine
readable code stored on the memory 150. The processor 146
may perform additional signal processing tasks as described

mission of Several bits of information thereby increasing
data transfer rates.
35

40

The second transceiver 134 is configured similarly to the
first transceiver 130. The second transceiver 134 comprises
45

transmitter module 160 communicate with a processor 164,
which in turn connects to a memory 168. Operation occurs
as described below in more detail.

Turning to FIG. 2, an exemplary plot of the frequency
response of a channel, such as channel 112 of FIG.1. A plot
of the channels frequency response 200 is plotted against a
Vertical axis 204 representing a channel response magnitude
while the horizontal axis 208 represents frequency. As can
be seen, the channel frequency response is Severely attenu

50

error correction, or without error correction.

The precode filter 308, which discussed below in greater
detail, connects to the output of the mapping module 304
and comprises a signal modification device configured to
manipulate the Signal to counter the distorting effects of the
channel. The precode filter 308 may be configured as a
digital filter having coefficient values Set to achieve a desired
level of Signal modification. In one embodiment the precode
filter 308 comprises a finite impulse response filter adapted
to at least partially negate the distorting effects of a channel.
Selection of precode filter coefficients is discussed below in
greater detail.
The output of the precode filter 308 connects to a digital

to analog (D/A) converter 312 to transform the mapped

55

ated across the available bandwidth.

This will result in a received signal having experienced
interference from adjacent pulses. This is often referred to as
intersymbol interference or ISI. Intersymbol interference
limits the maximum useable bandwidth of a channel by
limiting the rate at which pulses, bits, Symbols, or signals
may be transmitted acroSS the channel. As a result of
interSymbol interference, it may be impossible to decode a
Signal at the receiver, or, if decoding is possible, then an
unacceptably high error rate may occur.
The method and apparatus described herein overcomes
the bandwidth limiting effects of intersymbol interference

In addition to mapping, the mapping module 304 may

incorporate forward error correction (FEC) coding.

Examples of FEC coding comprise convolutional coding
and trellis coding. It is contemplated that the method and
apparatus described herein may be utilized with any form of

below.
an interface 152 connected to a receiver module 156 and a
transmitter module 160. The receiver module 156 and a

The mapping module 304 comprises hardware, Software,
or a combination of both configured to transform the
received binary data into one or more Symbols capable or
representing one or more bits of binary data. One example
mapping that may occur is pulse amplitude modulation

60

65

Signal to an analog format. Thereafter, the Signal is provided
to a line driver/amplifier 316. The line driver/amplifier 316
transforms the Signal to a power level Suitable for transmis
Sion over the channel. The degree or level of amplification
may be dependant upon the power limits or Specification as
defined by a particular communication protocol, crosstalk
and coupling concerns, and the distance to a receiver or a
repeater. The output of the line driver/amplifier 316 connects
to a transformer/hybrid 320. The transformer/hybrid 320
provides isolation between transmit and receive Signals as
well as the channel itself. The output of the transformer/
hybrid 320 connects to a channel.
FIG. 4 illustrates a block diagram of an example embodi
ment of a precode filter 400 embodied as a finite impulse

US 6.961373 B2
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response (FIR) filter. As shown in FIG. 4, an input 404
connects to a delay register 408 that is configured to receive
and delay for a clock cycle or other period. The input 404
also connects to a multiplier 412A having a multiplier value
Po. The output of the multiplier 412A connects to a Summing
junction 424.
The output of the register 408 connects to multiplier 412B
having a multiplier value P. The output of the multiplier
412B connects to the summing junction 424 to add the
output of the multiplier 412B and the multiplier 412A. The
output of the register 408 also connects to a register 416, the
output of which connects to multiplier 412C. The output of
the multiplier 412C connects to the summing junction 436,
which also receives the output of Summing junction 424.
The filter 400 continues in this configuration until connect
ing to a register 432 that has an output connected to a
multiplier 412 D with a multiplier factor P. The output of
multiplier 412D connects to a summing junction 444 that
also receives the output of the previous Summing junction.
This configuration is N-1 long with the elements of the
filter controlling the modification or precoding that occurs
on the Signal. As a signal propagates through the filter 400
it is affected by the multiplier values of the multipliers 412.
In one embodiment, the multiplier values may comprise the
filter coefficients. Hence, a signal is output from the filter
having been modified based on the values of the multipliers

8
the bit error rate. The error correction processing, as part of
the forward error correction, reduces the effective error rate

of the data Signal. Forward error correction may occur on
binary data or Symbols.
It is contemplated that one of ordinary skill in the art is
capable of DFE 524 construction and familiar with basic
DFE operation. Accordingly the basic principles of DFE
operation are not discussed in great detail herein beyond that
asSociated with the new and distinctive features of the

invention. It is further contemplated that other filter or
equalizer structures, other than an FFE 512 or DFE 524 may
be utilized without departing from the Scope of the inven
tion.
15
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412.

FIG. 5 illustrates a block diagram of an example embodi
ment of a receiver. This is but one possible receiver con
figuration. It is contemplated that other receiver configura
tions may be enabled without departing from the Scope of
the invention. As shown the receiver 500 comprises an
amplifier 504 configured to receive a Signal arriving over a
channel. The amplifier 504 increases the power level or
Voltage of the received signal, which may have been attenu
ated by transmission through the channel. The amplified

signal feeds into an analog to digital (A/D) converter 508,
which in turn provides a digital signal, rX(n), to a feed
forward equalizer (FFE) 512. The output of the FFE, X(n),
connects to a Summing junction 516. It is contemplated that
one of ordinary skill in the art is capable of FFE construction
and familiar with basic FFE operation. Accordingly the
basic principles of FFE operation are not discussed in detail
herein beyond that associated with the new and distinctive
features of the invention. It is further contemplated that other
filter or equalizer Structures, other than an FFE, may be
utilized without departing from the Scope of the invention.
The Summing junction 516 also receives an input from a

decision feedback equalizer (DFE) 524. In one embodiment
output. The Summing junction 516 provides its output, S(n),

In one embodiment the FFE 512 and DFE 524 coefficient

value are Selected based on the principles described herein.
AS an advantage of the method and apparatus described
herein the coefficient values of the FFE 512, DFE 524, and

the precode filter (element 308, FIG. 3) are calculated and

Selected to counter the Signal distorting effects of the channel
while minimizing noise amplification and minimizing the
undesirable effects of error propagation through the DFE
feedback loop. Through these desirable properties data com
munication is enabled at rates here before unattainable over
35
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the Summing junction subtracts the DFE input from the FFE

to a decision device, Such as a slicer 520. The slicer 520

comprises any device capable of analyzing a received signal
at particular points in time and quantizing the received
Signal to two or more distinct values. In one embodiment the
slicer operates in conjunction with PAM 10 mapping to
quantize its input to one of 10 values. In one embodiment the
slicer 520 analyzes the received signal's voltage level, after
processing, to determine the Symbol Sent over the channel.
The output of the slicer 520 may comprise binary data or
mapped Voltage levels.
The slicer 520 provides it output to a de-mapping module
528 and as an input signal to the DFE 524. If the transmitter
performed error correction encoding on the Signal prior to
transmission, then the de-mapping module 528 may perform
error correction decoding on the received signal to decrease

The FFE 512 and the DFE 524 perform equalization on
the received signal to compensate for the distorting effects of
the channel. The DFE 524, as part of the feedback, receives
and weights past values, which are Subsequently Subtracted,
in the Summing junction 516, from the arriving Signal. It is
contemplated that the FFE 512 and DFE 524 may possess
coefficients, or other Scaling values, associated with one or
more taps or stages of the FFE and the DFE. The coefficient
values are Selected to achieve desired signal equalization to
thereby negate, reverse, or reduce the effects of the channel.

55
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certain channels and utilizing the components described
herein. Moreover, complexity of all System components is
capable of being realized with existing integrated circuit
processes and construction. Similarly, the complexity of the
processing is capable of being performed within time limits
available during high Speed data communication.
A discussion regarding coefficient calculation is now
provided. It should be noted that although specified as
particular filter configurations for purposes of discussion, it
is contemplated that any type filter or signal modification
device may replace the DFE, the FFE, or the precode filter.
FIG. 6A illustrates an exemplary plot of an exemplary
received pulse. The received Signal is the Superposition of
many pulses Scaled by the data Symbol. AS Shown, a
received pulse 604 is shown as a function of voltage
represented on a vertical axis 608 and time on a horizontal
axis 612. A main cursor 620 identifies a sampling point 616.
The Sampling point may be considered the point at which a
Slicer determines the values of the data Symbols. Sample
points arriving prior to the main cursor 620 are defined as
pre-cursor points 624 while Sample points arriving after the
main cursor are defined as post-cursor points 628. In one
embodiment, DFE operation is directed primarily to post
cursor intersymbol interference mitigation while the FFE
operation is directed to pre-cursor interSymbol interference
mitigation. In one embodiment it is desired to achieve FFE
operation Such that a pulse, received through the channel and
after processing by the FFE would be monic and minimum
phase, i.e. all the pre-cursor information is eliminated.
FIG. 6B illustrates an exemplary plot of an exemplary
received signal 670 with intersymbol interference. As com
pared to FIG. 6A, like elements are labeled with identical
reference numerals. For purposes of discussion, interSymbol
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interference Signal Samples 640 are shown in addition to the
desired Signal Sample 616. It is contemplated that the
interSymbol interference Signal Samples 640 may interfere,
due to channel distortion, with the desired signal Samples
616 to produce a sample 650 of the received signal 670. As
can be understood, the desired sample 616 will combine
with the interference Samples 640 to create a Signal having
a reduced magnitude 650. While an extreme example, it can
be understood that in the absence of channel equalization,
the Slicer, when presented with the reduced Voltage magni

and error propagation occurs. As a result of the feedback, the
errors may build upon themselves. In embodiments having
forward error correction processing Subsequent to the DFE,
this error propagation may result in long Strings of errors
being presented to the forward error correction processing.
The problems are compounded since the Slicer operates
without the coding gain provided by the forward error
correction. Hence the Slicer error rate is higher thereby
increasing the likelihood of error propagation.
Consequently, the communication Session must be closed
and restarted. This is generally undesirable.
In one embodiment of the method and apparatus

tude 650, will result in an incorrect decision. This creates a

Symbol error and is particularly troubleSome because, in
certain mapping Schemes, each Symbol can equate to many
binary bits. The method and apparatus described herein
achieves equalization and overcomes these drawbackS.
By way of introduction and referring to FIG. 5, a receiver
output, prior to equalization, can be defined by the convo

described herein, coefficients are Selected to overcome the

15

lution;

drawbacks of the prior art based on a partial precoding
method. In Summary, precoding occurs for only a limited
number of post-cursors and FFE processing and DFE pro
cessing also occurs at the receiver. Selection or calculation
of the coefficients for the precoder, FFE, and DFE occur as
described below. Based on the coefficient selection and the

inclusion of a precoder, FFE, and DFE the pre and post
cursor interSymbol interference is eliminated or reduced and
error propagation is reduced to an acceptable level or

eliminated. Moreover, the peak to average (PAR) value of
which can be expanded to;

25

r(n)=C_k.d, k+ . . . +Cod,+ . . . +Ck,d, k,

where the value Cod, represent the main cursor and the
terms prior to Cod, represent pre-cursor terms while the
terms after Cod, represent post-cursor terms. The variable C
represents the coefficients of the equivalent channel, d
represents data Symbols and the variable in represents a
Sampling time. Accordingly, n is the current Sampling time
while n-1 represents a previous Sampling time.
Similarly, the FFE output may be represented as;
x(n)=f(n) &r(n)
and this representation may be expanded as;
x(n)=d,+C", d. 1+...+C"kd, k,

which may be factored in product form as;

35

where r is a function of the f values and are the roots of the

polynomial. In an expanded form this may be considered a
40

AS can be seen, the FFE is configured to eliminate the
pre-cursor terms while the main cursor and K post-cursor
terms remain. Stated another way, the main cursor d, and the
terms to the right of the main cursor are left to form the
output of the FFE.

45

If the DFE coefficients are chosen to be {b}, then the

Slicer input can be defined as;

-bk., k,
where d is an estimate and may be equal to d.

M

50

Thus for correctly fedback symbol decisions when d
equals d, then;
provided K is greater than or equal to K and
C. k = 1 ... K3
0

otherwise
60

when K is less than K, there will be Some residual
uncancelled post cursor ISI. These equations may be con
sidered to define the Signals and their processing within the
receiver.

AS discussed above, if incorrect decisions are made by the
slicer, these incorrect decisions are fed back into the DFE

K" order polynomial. It should be further understood that
this resulting K” order polynomial may be factored into the

minimum phase roots and the maximum phase roots. The
minimum phase roots are defined as all roots where the
absolute value of r-1 for all k and the maximum phase roots
are defined as all roots where the absolute value of rid1 for
all k. The case with equality to one can not occur in practice
with channels having finite frequency responses. In general,
a trained FFE is a maximum phase type System. In general,
a trained DFE tends to be minimum phase. It follows that
mixed phase Systems include root values that have magni
tude both greater than and less than 1. Working from this
understanding regarding a trained FFE filter, the discussion
of a method of training, as contemplated by the invention,
may occur.

55

bi =

the Signal presented to the receiver is within acceptable
limits and error propagation is minimized or eliminated.
As described above, the FFE may be represented as the
coefficients of a polynomial. Thus, the polynomial may be
represented as;

65

Next, to achieve the benefits of the equalization and
preceding described herein, reference is made to FIG. 7.
FIG. 7 illustrates an operational flow diagram of an exem
plary method of operation. In general the method described
herein performs training and processing to establish pre
coder coefficients and equalizer coefficients for the FFE and
the DFE. As a result, the precoder in the transmitter operates
to reduce or eliminate the part of post-cursor interference
which contributes most to error propagation while the FFE
in the receiver operates to reduce or eliminate pre-cursor
interference. The DFE in the receiver operates to eliminate
residual post cursor interference. In one embodiment the
length, i.e. the number of taps, and hence number of coef
ficients of the DFE is made to be greater than the number of

US 6.961373 B2
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coefficients in the precoder given by N+1. Thus, at a step 704
the DFE is configured with more taps than an associated
precode filter. Hence there is a greater number of taps in the
DFE than the number of post-cursors that are to be precoded
by the precode filter.

12
The term N represents an arbitrary number selected based
on the particular design parameters and desired filter/
equalizer complexity. In one embodiment N is Selected Such
that the value N is Sufficient to reduce or eliminate cata

Strophic failure as a result of feedback of errors to the slicer.
By setting the first N coefficients of the DFE to zero, the
Significance of the DFE in Signal equalization is reduced and
hence the chance of error propagation is reduced. In one

It should also be noted that the initial coefficient values in

a DFE have the largest influence on the DFE. Hence, the first
N DFE taps are considered to have the greatest effect on the
operation of the DFE output. Hence an error by the slicer

embodiment N is set to 4. In other embodiments the value

of N may range from 1 to 50.
To account for the first N coefficients being set to Zero or
Some other predetermined value, the method and apparatus
implements a precoder, having responsibility for preceding

that is fed back to the DFE when the first N coefficients of

the DFE are Set to Zero is less likely to propagate additional
errors than a DFE with the first N coefficients set to non-zero

values. Thus, setting the first N coefficients of the DFE to

(equalizing) the effects of the first N post cursors that would

Zero reduces the likelihood of additional errors in Subse

quent decisions by a slicer. The use of the precoder to effect
the first N taps of the DFE filter is discussed below in more

15

have otherwise been equalized by the DFE. Further, there
need not be a one-to-one correspondence between the num

detail.

ber of DFE coefficients that are forced to zero and the level

Next, at a step 708, a training proceSS is initiated. Training
comprises a process of filter coefficient calculation. In one
embodiment the training occurs each time the receiver or
transmitter is energized or activated. In another embodiment
training occurs during design of the System and the filter
coefficients are hardcoded. At a step 712, the FFE is trained
as a mixed phase filter and not as the typical maximum phase
filter. Stated another way, a training event occurs whereby
the coefficients of the taps of the FFE are determined. As a
parameter, the FFE is configured to include both minimum
and maximum phase terms, and hence it is mixed phase. It
is contemplated that the training may comprise real time
operation that occurs when a communication begins as part
of an exchange of data between a transmitter and a receiver.
A known or predetermined sequence may be utilized or a
random or pseudorandom Sequence may be utilized, Such as

of preceding.
As a result of the first N coefficients of the DFE being set
to Zero during training and the FFE filter being concurrently
trained, the main tap of the FFE filter is adjusted or shifted
by N cursor positions. Stated another way and in the
exemplary case of a tap delay line configuration, the main
cursor location is not the last tap, but N taps preceding the
last tap.
At this Stage in the initial coefficient calculation process,
precoding is not present and due to the first N DFE coeffi
cients being set to Zero, the FFE training results in FFE
coefficients values that account for both post cursor inter
ference and pre-cursor interference. Hence the FFE is a
mixed phase filter. Absent further equalization or coefficient
adjustment, such as by use of a precode filter, the system,
and in particular the FFE would undesirably enhance noise.
This occurs because a mixed phase FFE enhances noise.

25

would be required in the least mean Square (LMS) algorithm
for coefficient determination.

35

It is further contemplated that an assumption may be
made that all devices will encounter a known channel. If

Such an assumption is made, then an estimate of an exem
plary channel may be arrived at during a design State of the
System and the equalizer System may be hardcoded or
hardwired with these predetermined values. In Such an
embodiment the training process would not occur every time
a communication Session begins, but instead during device
design or manufacture. Training may be achieved using
hardware or Software Systems or a combination thereof.
Processor or machine executable code may be Stored in a
memory and executed on a processor to determine the
coefficient values. Hard coded logic, delayS, Summing
junctions, multipliers or any other hardware may be utilized
for training. It is contemplated that the method described
herein may occur using computer program product compris
ing a computer uSeable medium having computer program
logic recorded thereon, or hardware, or a combination of

phase FFE (F) may be represented as;
40
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transmitter precoder function, may be represented in fac
55

trained such that the first N coefficients are forced to zero

while the tail may assume non-Zero values. The tail is

tored form;
P(x) =

defined as filter coefficient values other than the first N. In

(1 - rz.)
k=min phase

one embodiment, the first N coefficient values are set to zero

prior to training, and thereafter training occurs. In one
embodiment this comprises executing any training
processes, such as that described above to determine FFE
coefficient values while concurrently setting the first N
coefficients to a predetermined value. It is contemplated that
in other embodiments the first N coefficients maybe set to a
predetermined value other than Zero. In one embodiment the
FFE and DFE are trained simultaneously.

From this equation, the roots are represented by the
variable r". AS part of Step 720 processing occurs to identify
all the r" values having magnitude of less than one. These
are defined as the minimum phase roots. Any root finding
algorithm maybe used to find the roots. The algorithm may
be implemented in hardware, Software or Some combination
of both. Step 720 also comprises identifying all ther values
that have magnitude greater than 1. These are defined as the
maximum phase roots.

For the minimum phase roots, P(Z), representing the

both.

Concurrently or thereafter at a step 716, the DFE is

To overcome the noise enhancement effect, the method

performs spectral factorization on the coefficients of the
trained FFE. This occurs at step 720. The roots of the mixed

60

which may be expanded into a polynomial in Z, at Step 724,

as shown below, where {p} equals a coefficient value and Z'

represents the unit of delay in a tap delay line filter.
65

This set of coefficient values {p} are, at a step 728,
communicated back to the transmitter associated with the
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receiver. Then at a step 732, these coefficient values become
the precoder coefficient values for the precoder located in the
transmitter.

In Summary of steps 720-732, the FFE coefficients,
determined by training at Step 712, are Subject to spectral
factorization and the minimum phase roots are identified and
formed into a polynomial. The coefficients of this polyno
mial are transmitted to the precode filter and Serve as the
precoder coefficient values. Hence, the precoder filter coef
ficients are established.

Next or concurrently, it is desired to determine the final
FFE coefficients. At previous step 720, spectral factorization
was performed on the trained FFE coefficients. In contrast to
identifying the minimum phase roots, which were used to
determine the precoder filter coefficients, the operation now
identifies the maximum phase roots, i.e. the roots having
magnitude greater than 1 for all k values. Any root finding
algorithm maybe used to find the roots. The algorithm may
be implemented as either hardware, Software or Some com
bination of both. These roots may be represented as;

15

k=max phase

25

which may be expanded into a polynomial in Z, at Step 736,
as shown below, where f represents a coefficient value and

Z' represents a unit of delay in the tap delay line filter.

F'(z) (non-factored) differs from F(z) (factored and non
prime) in that F(z) is a mixed phase filter which has yet to
undergo spectral factorization while F(z) represent the FFE
filter configured with the maximum phase roots of the
factored polynomial resulting from the factorization of the

i.e. lower, PAR value.
Alternative Embodiments
35

coefficients of F(z).

At a step 740, the coefficients of this polynomial become

the coefficients of the FFE filter in the receiver. The trained

FFE coefficients from step 712 are thus replaced by the
coefficients of the polynomial derived from the maximum
phase roots after spectral factorization. Thereafter, at a step
744, communication using the receiver and transmitter pair
may be enabled.
Hence, in summary of one embodiment, the DFE coeffi
cients and FFE coefficients are determined during the train
ing process described above in conjunction with StepS 712

40
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and 716, with the first N coefficient values of the DFE set to

Zero or Some other value. The precoder coefficients are
determined to be the minimum phase roots of the factored
polynomial derived from the trained FFE coefficients. This
occurs at step 732. Finally, the FFE coefficients are set as the
maximum phase roots of the factored polynomial derived
from the trained FFE. This occurs at step 740.
One advantage of the method and apparatus described
herein is that in one embodiment or variation the DFE or

other filter may be made to adapt during operation in data
mode. Data mode is defined to mean a time period when the
transmitter/receiver pair operates to transmit data, Such as
data from a data Source. Data mode is in contrast to training
mode, handshake mode or Start-up. Adaptation of the filter
coefficients during data mode allows the filter to deal with,
i.e. adapt, to changes in the channel that may occur over
time. While it is assumed during the initial training proceSS
that the coefficients accurately equalize the channel, the
values resulting from the initial training may be slightly
incorrect or the channel transfer function may change over
time. For DFE adaptation during data mode, the first N

14
coefficients may be maintained at Zero and the remaining
coefficients are adapted in real time during data mode. In
another embodiment one or more of the first N coefficients
may be modified. For FFE adaptation during data mode, the
coefficients are adapted in real time. Alternatively, the FFE
could be trained as a mixed phase filter to compensate for the
fixed precoder which, in Some embodiments, may not easily
be adapted during data mode. It is contemplated that the
precoder could be adapted during data mode Via a side
channel or in any other manner.
Another advantage of the method and apparatus described
herein is evident in comparison to Tomlinson-Harashima
type precoding (TH preceding). TH precoding teaches away
from the approach described herein by eliminating the DFE.
TH preceding eliminates the use of the DFE in the receiver
thereby eliminating any possibility of error propagation.
However, TH preceding suffers from the disadvantages of
lacking data mode adaptation. Lack of adaptation during
data mode, results in a less effective equalizer because of the
inability to adapt to changing channel conditions.
Further TH precoding results in a transmitted Signal
having a large received PAR value. PAR is defined as peak
to average value of a Signal. A large PAR value results in a
more challenging and expensive analog front end at the
receiver. As a result of a large PAR value of a received
Signal, the analog to digital converter at the receiver may
require more converter bits than with a Signal having a
smaller PAR value. This requirement limits the sampling
rate of the converter and as a result limits its use in high
Speed applications. With the method and apparatus
described herein, the received signal possesses a desirable,
In an alternative embodiment, the FFE may be configured,
during steps 736, 740, as a mixed phase system. To achieve
a mixed phase FFE, step 712 and 716 would occur by
training the FFE and DFE. Thereafter, in accordance with
step 720, the system factors the roots of the polynomial
formed from the FFE coefficients and the precoder filter
coefficients are Set. Instead of using the maximum phase

roots of F(z) as the final FFE coefficients as contemplated by
Step 736, the operation, either during data mode or during
training, may re-train the FFE and DFE with the precode
filter in the loop, i.e. operating. In one embodiment, the first
N coefficient would be forced to Zero during this re-training
process. As a result, the FFE will become a mixed phase
System. Although the FFE may introduce a minimal amount
of noise enhancement, this embodiment reduces the com

50

plexity of the System and the training proceSS while Still
providing desirable equalization and reducing error propa
gation. This embodiment also compensates for any inaccu
racies that may occur during the estimation of the precoder
coefficients.

In another alternative embodiment, the FFE coefficients

may be left as was determined at Step 712, but appended
55
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with Zeros (or Some other value) to reduce the noise

enhancement. Since, the partial ISI components that gener
ate the postcursor components are being dealt with at the
transmitter, it is possible to set the coefficients of the FFE
that would otherwise equalize the pre-cursor components of
the received signal to Zero or Some other value. Because one
or more of these coefficients are set to Zero or Some other

Small value, the noise enhancement is reduced or eliminated.

This reduces the complexity of the System and the training
process while providing the equalization advantages dis
65

cussed above.
While various embodiments of the invention have been

described, it will be apparent to those of ordinary skill in the
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art that many more embodiments and implementations are
possible that are within the Scope of this invention.

8. The method of claim 7, wherein at least one of the

Second equalizer coefficient values are Set to a fixed value
during the Second equalization process.

What is claimed is:
1. A method for filter coefficient selection in a receiver

9. The method of claim 8, wherein the at least one of the

transmitter pair comprising:
training a first filter and a Second filter to determine first
filter coefficients and second filter coefficients such that
the first filter and the second filter have a transfer

function inverse to that of a channel, wherein: during
the training at least one Second filter coefficient is
forced to a predetermined value;
the first filter and the second filter are located in a receiver

and a third filter is located in a transmitter;

the first filter comprises a feed forward filter, the second
filter comprises a feedback filter, and the third filter
comprises a precode filter;
processing the first filter coefficients to isolate mini
mum phase coefficients and maximum phase coef

15

ficients,

transmitting the minimum phase coefficients to a third
filter,

establishing coefficients of the third filter based on the
minimum phase coefficients, and
Setting the first filter coefficients based on the maxi
mum phase coefficients.
2. The method of claim 1, wherein transmitting comprises
transmitting the minimum phase coefficients over one or
more twisted pair conductors to a precode filter in a trans

filter;

a Second filter having two or more Second filter coeffi

cients with at least one of the two or more second filter

25

wherein the first filter and the second filter are located in

3. The method of claim 1, wherein processing comprises
performing spectral factorization.
4. The method of claim 3, wherein processing further
comprises forming a polynomial to obtain the minimum
phase coefficients and the maximum phase coefficients.
5. The method of claim 1, wherein the at least one second

a receiver and the precode filter is located in a trans
mitter and wherein the first filter, second filter and
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ZCO.

6. The method of claim 5, wherein the third filter com

prises a five tap precode filter.
7. A method for equalizing a Signal comprising:
receiving a signal at a precode equalizer, the Signal to be
transmitted through a channel;
processing the Signal with the precode equalizer to pre
equalize the Signal, wherein the precode equalizer
utilizes minimum phase coefficients generated from the
Spectral factorization of the coefficients from a first
equalizer, which is located at a receiver, during a
training process,
receiving the Signal, at the receiver, after transmission
through the channel;
performing a first equalization process on the Signal
utilizing the first equalizer having maximum phase
coefficients values, which are isolated from the Spectral
factorization of the coefficients from the first equalizer
during the training process, and
performing a Second equalization process on the Signal
utilizing a Second equalizer, which is located at the
receiver and configured with Second equalizer coeffi
cient values, wherein at least one of the Second equal
izer coefficient values are Set to a predetermined value
during the training process;
wherein the first equalization process and the Second
equalization proceSS reduce the effects of transmission
through the channel wherein the first equalizer com
prises a feedforward equalizer and the Second equalizer
comprises a feedback equalizer.

coefficients forced to a predetermined value; and
a precode filter having one or more precode filter
coefficients, the precode filter comprising one or more
minimum phase coefficients based on the coefficients of
the first filter;

mitter.

filter coefficient that is forced to a predetermined value
comprises four Second filter coefficients that are forced to

Second equalizer coefficient values comprises the first four
Second equalizer coefficient values and wherein a fixed
value comprises a Zero value.
10. The method of claim 7, wherein setting at least one of
the Second equalizer coefficient values to a predetermined
value reduces error propagation associated with the Second
equalizer.
11. The method of claim 7, wherein the first equalizer
comprises a feedforward equalizer, the Second equalizer
comprises a feedback equalizer, and at least one of the first
five Second equalizer coefficient values are Set to Zero.
12. The method of claim 7, wherein performing a second
equalization process further includes providing a feedback
Signal to a decision device.
13. A System for channel equalization comprising:
a first filter configured to utilize one or more first filter
coefficients, the first filter comprising maximum phase
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precode filter are trained with coefficient values to
operate as a System to equalize a Signal and during
training the Second filter has one or more coefficient
forced to a predetermined value.
14. The system of claim 13, wherein the predetermined
value comprises Zero.
15. The system of claim 13, further including a processor
configured to calculate the first filter coefficients, Second
filter coefficients and the precode filter coefficients.
16. The system of claim 13, wherein the first filter
comprises a feed forward filter and the Second filter com
prises a feedback filter.
17. The system of claim 13, wherein the first filter, second
filter and precode
filter coefficient values are determined during a training
process and one aspect of the training process com
prises spectral factorization of the first filter coeffi
cients.
18. A System for exchanging data between a first location
and a Second location, the System comprising:
a first transceiver comprising:
a data Source interface configured to receive data from
a data Source;
a precode filter configured to equalize the data to at
least partially account for transmission through a
channel;
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a digital to analog converter configured to convert the
data to a first analog signal;
a line driver configured to adjust the power of the first
analog signal for transmission over a channel;
a receiver configured to receive data from a Second
transceiver;

65

a Second transceiver comprising:
an amplifier configured to receive a Second analog
Signal from the channel, the Second analog Signal
comprising a distorted version of the first analog
Signal;
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computer program code logic configured to initiate a
training Sequence;
computer program code logic configured to train coeffi
cients of a feedforward filter as a mixed phase filter;
computer program code logic configured to train coeffi

an analog to digital converter configured to convert the
Second analog signal to data;
a first filter configured to process the data to at least
partially reverse the effects of transmission through
the channel;

a Second filter configured to process the data to at least
partially reverse the effects of transmission through

cients of a feedback filter, wherein at least one of the
coefficients of the feedback filter is set to zero;

the channel;

computer program code logic configured to process the

a decision device configured to quantize portions of the
data into two or more distinct values,

1O

a transmitter configured to transmit precode filter coef
ficient data to the precode filter in the first trans

cients,
15

minimum phase coefficients of the first filter coeffi

coefficients of the feedforward filter wherein the feed
forward and feedback filter are located in a receiver and

cients.

Second filter.

22. A computer program product comprising a computer
useable medium having computer program logic recorded
thereon for calculating equalizer coefficients, comprising:

coefficients, and

computer program code logic configured to establish
precoder coefficients based on the minimum phase

cient of the Second filter is Set to Zero, to isolate

19. The system of claim 18, wherein the precode filter is
configured as a minimum phase filter and the first filter is
configured as a maximum phase filter.
20. The system of claim 18, wherein second filter com
prises a feedback filter having greater than N coefficients and
the first N coefficients are set to Zero, wherein N comprises
an integer value having magnitude of less than 20.
21. The system of claim 18, wherein the second trans
ceiver further comprises a processor configured to calculate
coefficients for the precode filter, the first filter, and the

mum phase coefficients and maximum phase coeffi
computer program code logic configured to establish the
feedforward coefficients based on the maximum phase

ceiver;

wherein the precode filter coefficient data is generated
by processing the first filter coefficients, which are
generated during training while at least one coeffi

coefficients of the feedforward filter to calculate mini

25

the precoder is located in a transmitter.
23. The computer program product of claim 22, wherein
computer program code logic configured to process the
coefficients comprises computer program code logic config
ured to perform spectral factorization.
24. The computer program product of claim 22, wherein
establishing precoder coefficients based on the minimum
phase coefficients comprises forming a polynomial from the
maximum phase feedforward coefficients.
25. The computer program product of claim 22, wherein
the computer program product is located in a communica
tion receiver.

